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ABSTRACT 



A data communication system is provided farfmting a mul- 

Hrarrrtw t nmmrifrf y wftjt^h encode s mrv+n1ftfr*| ffipt dfltft 

into a plurality of carriers, a channe l which distorts sign als 
input to it by the Qimsrniu^r.MaMMMjM^^w^i * 
Ijfffcay andyfljuTn^ier IRRPWi receives signals 
Mum the UigrmRTgna minimizes the distortions through the 
use of a SIRF. The method of determining the set of time 
domain SIRF parameters generally includes the steps of 
approximating the original ^N^Hfl and echo im pu lse 
responses, optionally rrnxfrHng the cfaannd impulse 
response, optionally modeling the echo impulse response, 
computing SIRF coefficients based upon the combined 
approximated or modeled chpfjnri impulse response and the 
approximated or modeled echo impulse response, calculat- 
ing a SSNR for the calculated SIRF coefficients, and repeat- 
ing the steps a predetermined number of times to determine 
those coefficients with the best 

15 Oalms, 2 Drawing Sheets 
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METHOD AND APPARATUS FOR 
PROVIDING REDUCED COMPLEXITY 

ECHO CANCELLATION IN A 
MULTIC A RRIER COMMUNICATION 
SYSTEM 

BACKGROUND OF THE INVENTION 



of the inter-symbol interference one can measure the short- 
ening signal to noise ratio (SSNR) which is the ratio of the 
energy in the largest v+1 consecutive samples to the energy 
in the remaining samples. The largest v+1 consecutive 
5 samples will not necessarily start with the first sample. This 
delay, d, is normally compensated for at the receiver by 
delaying the start of the receive symbol. The SSNR is 
defined as: 



is 



This invention relates generally to a system for the 
transmission and reception of data signals and, more par- 1° 
ticnlaxiy, relates to a method and apparatus for li miting 
distortions caused by both the transmission mrdimn and the 
echo path in a multicaxrier transceiver. 

Mulficarrier transceiver design typically requires trade- 
offs based on sampling rate, bit rate, and symbol rate. Many 
of the trade-offs are impacted by the ratio of symbol length 
to cyclic prefix length. A cyclic prefix is typically used to 
ensure that samples from one symbol do not interfere with 
the samples of another symbol. The length of the cyclic 
prefix used is determined by the length of the impulse 
response of the effective physical channel. However, using 
a long cyclic prefix is seen to reduce the throughput of the 
transceiver which is an undesirable result 

Specifically, in discrete multitone transceivers, each sym- M 
bol is comprised of N time samples, x(n), to be transmitted 
to the remote receiver plus a cyclic prefix consisting of v 
time samples. The cyclic prefix is simply the last v samples 
of the original N samples to be transmitted. The cyclic prefix 
length Is determined by the length of the impulse response w 
of the channel and is chosen to mini ml™ the intersymbol 
interference. If the impulse response of the channel is of 
length v+1 or shorter then a cyclic prefix of length v is 
sufficient to completely »n™innT*> inter-symbol inter fer ence. 
If the impulse response of the channel is longer than v+1 M 
then soke inter-symbol interference occurs. Since the effi- 
ciency of the transceiver is reduced by a factor of N/(N+v) 
It Is dearly desirable to make v as small as possible. 

lb minimize the cyclic prefix, as shown in prior an FIG. 
1. a small ri mr domain FIR filter, referred to as a shortened ^ 
impulse response filter (SIRF), is typically inserted in the 
receiver immediately following the A/D converter. The 
purpose of this filter is to shorten the impulse response of the 
effective channel. The effective channel is defined as the 
combination of the transmit filters, physical channel, receive 45 
filters, and the SIRF. Denoting the impulse response of the 
physical channel and filters hjn), the output of the SIRF can 
be expressed as 



30 



55 



where w(n) is the impulse response of the SIRF and * 
denotes the convolution operator. It can be shown that if x(n) 
is transmitted with a cyclic prefix of length v and the 
effective **hnnnri 

is at most of length v+1, that y(n) will only depend upon the 
current symbol's samples x(n) being transmitted. If the 
effective channel is not constrained to a length of v+1, then 60 
y(n) will depend upon the current symbol's samples x(n) as 
well as the previous symbol's samples Xp(n). The previous 
transmit symbol will then contribute inter-symbol interfer- 
ence which decreases the performance of the transceiver. 

Regardless of the choice of w(n), It is impossible to 65 
shorten the impulse response perfectly as some energy will 
lie outside the largest v+1 samples of h^/n). As a measure 



SSNR-lOtogl ~rr 

An example of a technique for ^TflV^ fatfag the parameters 
of the above described SIRF may be seen in U.S. PsL No. 
5,285,474 to Chow et aL which patent is incorporated herein 
by reference in its entirely. The '474 patent discloses a 
method for optimizing a set of parameters of an ^ |nnH*^f or 
SIRF to be used to equalize a multtearrier data signal that 
has been transmitted through a distorting channel. Hie 
method includes the steps of intfalirtng the parameters, 
repeatedly vn^^g a training sequence through the ^ a ^h^ 
to the receiver; using the equalizer parameters, the received 
segnmce, and a local replica of the training sequence to 
update a set of channel target resp on se parameters, window- 
ing the <^ytprtfj target response parameters, using the chan- 
nel target response parameters, the received sequence and 
the local replica to update the equalizer parameters, and 
windowing the equalizer parameters. As discussed therein, 
the onlning pr ocess is repeated w^t^i a predetermined con- 
vergence condition is detected. 

While the disclosed method works for its intended pur- 
pose, the mrtt wwl suffers die disadvantage of failing to 
provide a method for also reducing distortions caused by 
echo. In particular, known prior art systems, exemplified by 
the system discussed in the '474 patent, fell to provide a 
transceiver which hm the capability to simultaneously and 
efficiently minimi tt the distortions caused by echos. Fur- 
thermore, the known methods of calculating equalizer 
parameters discussed in the prior art are also typically 
hampered by stability and cfrnvfrgpiHy problems. As such, 
a need exists to provide a discrete multitone transceiver 
which inc or porates both an improved mr^ho^ for minimiz- 
ing distortions caused by transmission thmng h a distorting 
rhntmf 1 and distortions cfl 11 ***^ by signals traveling through 
the echo path. 

As a result of this existing need, it is an object of the 
present invention to provide a method for calculating the 
parameters of a SIRF that will jointly minimi™ distortions 
which result from both the distorting channel and the echo 
path. 

It is a further object of the present invention to provide a 
method for n Orn lflting the parameters of a SIRF that is much 
faster and more assured of correct convergence than any 
previously known method. 

It is another object of the present Invention to provide a 

mrthnri which is «iitnhta for OO-linC ImplwmwnTHti nn 

It is yet another object of the present invention to provide 
a method which minimi?^ SIRF mrfflHrm ralmlnring 
time. 

It is still another object of the present invention to develop 
an algorithm for impulse response shortening that is realiz- 
able in off the shelf DSP components. 

SUMMARY OF THE INVENTION 

In accordance with the present invention a method and 
apparatus for minimi ring distortions In a multicarrier com- 
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muni cation system is provided. Specifically, the invention 
resides in the use of a finite impulse response filter used to 
jointly shorten the channel and echo impulse responses. 
Furthermore, the invention includes an improved method for 
deterrnining the coefficients of the filter based upon the 
notion of joint shortening. 

In particular, the invention resides in a data communica- 
tion system inchidinfl a multicarrier transmitter which 
encodes and modulates input data into a plurality of carriers, 
a channel which distorts signals input to it by the transmitter, 
an echo path which also distorts signals, and a mulucarxier 
receiver 



path and : 



to 



channel and the near end signal through the echo path plus 
additive channel noise, 

lb reduce these distortions, a SIRF is utilized to jointly 
shorten both the channel and echo responses. As will be 
disCTiffftftd in greater detail hereinafter, the SIRP coefficients 
will generally be produced by dctennimng an arjproximation 
of the channel and echo impulse responses, optionally 
modeling the approximated channel impulse response and/ 
or the approximated echo impulse response over sny pro- 
^f^ffrrrrincd *M^mplc set rizft, optionally H^tff^ ^ ft^g the opti- 
mal model placement (Le. initial sample) for the channel 
and/or echo Impulse response models, J 



ts 



25 



30 



Uf HUlillillillig W HI u f Unit nullum 

SW^pfflHnwers generally includes the steps of approxi- 
mating the channel and echo impulse responses, optionally 
selecting some portion of the channel impulse response, 
optionally selecting some portion of the echo impulse 
response, rornrjuting SIRF coefficients based upon the com- 
bined full or partial approximated channel impulse response 20 
and the full or partial approximated echo impulse response, 
calculating a SSNR for the SIRF coefficients, and optionally 
repeating the steps a redetermined number of rimes to 
determine those coefficients with the best SSNR. 

A better undmtanding of the objects, advantages, fea- 
tures, properties and relationships of the invention will be 
obtained from the following detailed description and accom- 
panying drawings which set forth an illustrative emrxKuxncct 
and is indicative of the various ways in which the principles 
of the invention may be employed. 

BRIEF DESCRIPTION OF THE DRAWINGS 

For a better understanding of the invention, reference may 
be had to the preferred embodiments shown in the following 35 
drawings in which: 

FIG. 1 schematically illustrates a prior art system having 
channel distortion cancellation; 

FIG. 2 schematically illustrates the system in which the ^ 
present invention resides including an echo path which 
functions to distort signals received from the local transmit- 
ter, 

FIG. 3 schematically illustrates a pole-zero-zero model 
for joint shortening; and 45 

FIG. 4 schematically illustrates the effective channel and 
the effective echo inairporating the use of the resulting SIRF 
parameters after computation. 




DETAILED DESCRIPTION 



so 



While the invent! 00 can be used in conjunction with any 
type of transceiver capable of txansrnitting and receiving 
data over any type of communication medium, it will be 
described hereinafter in the context of a discrete multitone 53 
transceiver used to simultaneously transmit and receive data 
over a conventional telephone local loop as the preferred 
embodiment thereof. 

Turning to FIG. 2, when a discrete multitone transceiver 
is used for bi-directional communication over a single cable 60 
there are two paths to consider, channel and echo. The 
channel is associated with communication between two 
remote transceivers and carries the actual data to be trana- 



m itted fro m one end loathe other cod. ' . m 

betwecn^r !6B1 TrKmtter and its own receiver "dWlo" 63 
iropprtgnoo- mismrtTnh In th^yTjfM "drpultry. The receive 
signal Is the combination of the farend signal through the 



Turning to FIG. 3. Olttstrated is an approach for joint 
shortening. Specifically, the approach QlusrraiEd ntfflw* & 
pole-zero-zero model utilizing the joint least-squares mim- 
mization approach. In the lustration, a/b symbolizes the 
actual channel impulse response h^n), c/b symbolizes the 

flgfiinl echn impilMi n«pnnm hjn], ft mprffwrnht rtn» mnrtriwH 

zeros of the channel, c represents the modeled zeros of the 
echo, and 6 represents the modeled poles (later used as the 
coefficients of the SIRF). 

The joint least-square approach seeks to fit a pole-zero- 
zero model to the echo the rfwwmri impulse Tfry* "**? 
Turning to FIG. 4, the original im pulse of the channel is 
represented as a transfer function rv=a/b and the echo as 
h/=c/b. The joint least squares approach finds the best 
pole-zero-zero model with transfer function a/6 for channel 
and c/6 for the echo. If the poles of the model, 6, are used 
for the coefficients of the SIRF, then the effective channel 
will have a transfer function oft 

(f 

and the effective echo will have a transfer function of: 

As seen, the SIRF cancels the poles of both the physical 
channel and the echo path, leaving the zeros of the model. 
If the number of zeros in the model for the charmel is chosen 
to be v+1 then the resulting effective channel Impulse 
response will be approximately of length v+1. The number 
of zeros in the model for the echo is chosen based upon the 
desired computational complexity of the echo cancclcr. 

Since the channel must be shortened to remove inter- 
symbol interference, while echo ■h^tw^g is beneficial to 
reduce complexity, the number of zeros used for the two 
responses do not have to be equal. 

In general, the orders of the model used correspond to 
design decisions. The number of poles, t, corresponds to the 
length of the SIRF. The number of zeros for the chwgryj is 
v+1, where v corresponds to the length of the cyclic prefix. 
The number of zeros for the echo, v,+l, affects the echo 
canceler complexity. Since the computational complexity of 
the coefficient calculation algorithm is dciennioed by the 
largest of v,t,v, it is desirable to pick them as small as 
possible. Typically, v and v, are larger than L Therefore, it 
is pr ef erred that the algorithm has computations that depend 
upon the value of t 

It has been seen that setting v=t and v,«t (only during the 
modeling phase of the procedure) and using an intelligent 
model placement algorithm achieves near optimal shorten* 
ing. Model placement can be accomplished by trying dif- 
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IS 



ferem model locations, computing SIRF coefficients, calcu- 
lating the effective shortening, and then picking the model 
location and SIRF coefficients that resulted in the best joint 
shortening. 

Hie first step in the process is approximating both hjn] 
and hjn], hjn] may be approximated in any known manner 
such as by repeatedly sending a known signal, x[n], from the 
transmitter and comparing the resulting signal, y(n], 
obtained at the receiver with a replica signal x[n] generated 
by the receiver. Similarly, hjn] may be detennined in a like 
manner. Preferably, the signals sent to the receiver are varied 
and the resulting responses hjn] and bjtil are averaged 
and/or compensated to alleviate any known problems, for 
example ?Hpftfog mti additive channel noise. Modeling of 
the approximated impulse response may then be performed 
by choosing a sample set from the samples which comprise 
the approximated impulse response which sample set or 
model will thereafter be used during generation of the SIRF 
coefficients. 

As discussed, prior to calculating the SIRF coefficients, 
placement of the model should be completed. This can be 20 
accomplished by trying all possible model locations, com- 
puting the SIRF coefficients, calculating die SSNR, and then 
selecting the SIRF coefficients resulting in the best SSNR. 
However, this is seen to be computationally expensive and 
wasteful. Since the channel often has an impulse response 25 
which is very short prior to the peak (pre-cursor) and very 
long after the peak (post-cursor) the impulse response of the 
channel can often be r e pr e sen ted as a few zeros creating die 
pre-cursor response and a few poles and zeros creating die 
post-cursor response. Taking this Into accoum, the amount of 30 
computation required to calculate the SIRF coefficients can 
be reduced It is piefeii e U that only that portion of the 
channel response from the peak minus one sample is mod- 
eled With the echo response, however, it may be necessary 
to try multiple model placements and calculate the effective 35 
shortening at each step. 

To minimiVr squared error during SOU 7 coefficient com- 
putation a least squares algorithm is preferably used Defin- 
ing the parameter vector as: 

40 

ma . . . d,-M a ■ - • - ■ <./ 
and the regressor vector as: 



y (n) can be estimated as: 
and the error as: 
As it is desired to minimire squared-error, the parameter 



system i in ptem wttiit irm Therefore, a more suitable approach 
is to embed the pole-zero-zero model into the form of a 
multi-channel auto-regressive (AR) model 

For simplicity of description, it is assumed that the 
number of desired zeros modeled for both the channel and 
echo is v+I and it is assumed that the length of the SIRF, t, 
is greater than or equal to v. Nevertbe-less, it will be 
a ppreciated by those skilled in the art that the more generic 
case of v^, v„ and t having differing values can be equally 
considered applying the principals set forth herein. The 
pole-zero-zero model can thus be written as: 

where the algorithm ormnTntrts the t+2v+2 pfttrmeters recur- 
sively. In the j* recursion of the algorithm O^jSt) the 
QtH&iMO pole-zero-zero model is generated from the (j-1, 
j— 6—1 J— 8—1) pole-zero-zero model, where 5=t-v£0. For 
the j** recursion, the G«H>j-o) pole-zero-zero model can be 
written as: 

Defining U 4 Ky*x^ B z^ 8 ] r the pole-zero-zero model can be 
rewritten into the form of a multi-channel AR model 



vector should be chosen as: 



where 



and 



60 



63 



Since the joint least squares approach requires the inver- 
sion of an array, the approach may be infeasible for real-time 



0 
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0 0. 

0 0 
0 0 J 



Multiplying both sides of the multi-channel AR model by 
Ut_< and taking expectations and noting that the error c k J 
is orthogonal to x^ and at each iteration yields 



tum + 6/«-D + . . . + e/*H) - 1 far I o o 

*<0 + W-l) + ... + 8 f 7W-/)-0fcrl Hi) 
Wbca 



0) 



(2) 
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•continued 

*H> - **■{•}. 

r /wo) o o 

.tofS) 0 MO) 
If x(n) and z(d) are assumed to be independent and white and 



8 



then 



and 



10 



15 



20 



25 



Rrfft aJi I WOWi +4 1 WOW-*). 
WJ to 

Eqs. (1H2) represent a j* order mulli -channel AR model 30 
where this system of linear equations can be solved effi- 
ciently using the multi -channel version of the Lcvinson 
Algorithm. The Levinson algorithm can be formulated in a 
normalized form which yields variables bounded by one. 
Such normalization yields a realizable algorithm in off-the- 35 
shelf fixed-DC DSP chips. After the j-t recursion, the (t,v,v) 
pole-zero-zero model coefficients can be read from 
0/(1 Si 5 1). As is understood, the coefficients utilized are 
those with the best SSNR. 

As previously discussed, it is not always optimal to model 40 
an impulse response from the beginning as this may waste 
a portion of the v,+l or v e +l zeros available on flat delay or 
small samples of the impulse response. To avoid this prob- 
lem, the location of the zeros can be adjusted to take 
advantage of the flat delay(s) wherein the modified pole- 4J 
zero-zero model becomes: 

fiF-btn-r • ■ ■ <*o**V • ■ • +<W^+<>^+ • • • 

It also may be desired to adjust the offset of the poles x 
wherein the modified pole-zero-zero model vector becomes: 

w—£uw-i- . • • -4ow*+ 4**+ • • • +<W*-hW^ . . . + 

Preferably, the location of the largest v+1 consecutive 55 
samples of the channel response will be offset a predeter- 
mined number of samples (for example the peak -12) to 
account for flat delay in the effective channel while the echo 
model will be positioned in correspondence with the first 
sample. 60 

It should be apparent from the preceding description that 
this invention has among other advantages, the advantage of 
reducing inter-symbol interference resulting in higher per- 
formance while reducing the complexity of the echo can- 
celer resulting in lowered oosL 65 

While specific embodiments of the invention have been 
described in detail, it will be appreciated by those skilled in 



the art that various modifications and alternatives to those 
details could be developed in tight of the overall teachings 
of the disclosure. Accordingly, the particular arrangernenia 
disclosed are meant to be illustrative only and not limiting 
as to the scope of the Invention which is to be given the full 
breadth of the appended c Mht* and any equivalents thereof. 
We claim: 

1. In a data transmission system including a transmitter, a 
distorting channel, a distorting echo path, and a receiver 
tnriiffting a SIRF, a method for efficiently mirri miring dis- 
tortions In said data transmission system jointly caused by 
said distorting chq*i"fl and by said distorting echo path 
comprising the steps of: 

(a) approximating the chprfwT impulse response of said 
distorting channel^ 

(b) approximating the echo impulse response of said 
distort fag echo puth ; 

(c) competing a set of tune domain SIRF coefficients 
KftKwrf upon said ^ppfnTunflf^rt channel impulse 
response in conciliation with said approximated echo 
impulse re sp onse; and 

(d) utilizing said SIRF coefficients In said SIRF to effi- 
ciently minimize distortions in said data tra n s m is s ion 
system jointly caused by said distorting ch a nn el and 
said distorting echo p *th 

2. The method as recited in claim 1, further comprising 
the step of modeling said channel impulse response over a 
predeterrnined number of samples and wherein step (c) 
^itiHT fl^fl said modeled channel impulse response to compute 
said SIRF coefficients. 

3. The method as recited in claim 1, further omnprising 
the step of modeling said echo impulse response over a 
predetermined number of samples and wherein step (c) 
utilizes said modeled echo irnpulse response to compute said 
SIRF coefficients. 

4. The method as recited in claim 2, further comprising 
the step of offsetting, to a predetermined sample, the start of 
said sample set upon which said modeled channel impulse 
response is based. 

5. The method as recited In claim 3, further mmnriiring 
the step of offsetting, to a predetermined sample, the start of 
said sample set upon which said modeled echo irnpulse 
response is based 

6. The method as recited in claim 2, further comprising 
die steps. of selecting a starting sample for said sample set 
upon which said modflltd ^hunfi impulse response is 
based, calculating a SSNR for said SIRF coeffidents as 
detennined by said modeled channel impulse response, 
repeating the steps of modeling said channel Impulse 
response and calculating a SSNR a pfedetenrinednurjiberof 
times each time with a newly selected starting sample, and 
utilizing those SIRF coeffidents corresponding to the mod- 
eled channel impulse response with the best SSNR. 

7. The method as recited in daim 3, further comprising 
the steps of selecting a starting sample for said sample set 
upon which said modeled echo impulse response is based, 
calculating a SSNR for said SIRF coefficients as determined 
by said m o dele d echo impulse response, repeating the steps 
of modrJing said echo Irnpulse response and rulmtorlng a 
SSNR a predetermined number of times each time with a 
newly selected starting sample, and utilizing those SIRF 
coefficients corresponding to the modeled echo impulse 
response with the best SSNR. 

8. A data wi mrmirricfl H' of* system, co mp rising? 

h first tranrerivw capahl* nf gi^w-raring n ramfmmtnfitfnn 

signal; 
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a second transceiver acting as a destination for said 

communication signal; 
a rftamwi Hniripg said first transceiver to said second 

transceiver wherein said channel has a channel impulse 

response which functions to distort said communics* ' 

don signal; 

an echo path local to said second transceiver having an 
echo impulse response which further functions to dis- 
tort said communication signal; and 

a SIRF provided as a component part of said second 
transceiver having coefficients explicitly selected to 
jointly imnimiTr distortions created by said channel 
impulse response a rw l said echo frnp^fff response. 

9. The data commnrri ration system as recited in claim 8, tJ 
wherein said second transceiver further comprises: 

means for approximating said channri impulse response 
and said echo impulse response; 

means for modeling said channel impulse response based 
upon said approximated channel impulse response; 20 

means for mnrMjng said echo impulse response based 
upon said approximated echo impulse response; 

means for computing SIRF coefficients jointly based upon 
said modeled channel impulse response and said mod- 
eled echo impulse response; 

means for calculating a SSNR for said computed SIRF 

means for utilizing those computed SIRF coefficients 
having the best SSNR. M 

10. In a data transmission system <nrf»H)ng a transmitter, 
a distorting channel, a distorting echo path, and a receiver 
including a SIRF, a method for efficiently nrinimWng dis- 
tortions in said data transmission system jointly caused by 
said distorting channel and by said distorting echo path 35 
comprising the steps of; 

(a) approximating the channel impulse response of said 
distorting channel; 

(b) approximating the echo impulse response of said 
distorting echo path; 40 

(c) mnririing said rhflrwwi impulse response from said 
approximated channel impulse response; 

(d) modeling said echo impulse response from said 
approximated echo impulse response; 4j 

(e) computing a set of time domain SIRF coefficients 
jointly based upon said modeled channel impulse 
response and said modeled echo impulse response; and 
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(f) utilizing said SIRF coefficients in said SIRF to effi- 
ciently mini mi re distortions in said data transmission 
system jointly caused by said channel and said echo 
path 

11. The method as recited in rJaim 10, further comprising 
the step of placing said modeled channel Impulse response 
at a starting sample location which avoids any fiat delay in 
said approximated channel impulse response. 

12. The method as redted in claim 10, further comprising 
the step of placing said modeled echo irnpulse response al a 
starting sample location which provides the best SSNR. 

13. The method as recited in claim 12, further comprising 
the step of placing said modrrtftfl impulse response at a 
starting sample location which avoids any flat delay in said 

channel impulse rcspoi ffft 

14. The method as recited in claim 10, further comprising 
the steps of selecting a starting sample for said sample set 
upon which said modeled charrofl im pu re response is 
based, selecting a starting sample for said sample set upon 
which said modeled echo impulse response is based, calcu- 
lating a SSNR for said SIRF coefficients as jointly deter- 
mined by said modeled impulse response and said modeled 
echo impulse response, repealing the steps of modeling said 
channel impulse response, t ™ v *» l " , 3 said echo Impulse 
response, and calculating a SSNR a predetermined number 
of times each time with a newly selected starting channel 
and/or echo sample, and utilising those SIRF coefficients 
corresponding to the modeled impulse response with the 
best SSNR. 

15. The method as recited in claim 13, further comprising 
the steps of selecting a starting sample for said sample set 
upon which said modeled channel Impulse response is 
based, selecting a starting sample for said sample set upon 
which said modeled echo impulse response is based, calcu- 
lating a SSNR for said SIRF coefficients as jointly deter- 
mined by said modeled impulse response and said modeled 
echo impulse response, repeating the steps of mrnMing said 
channel impulse .response, modeling said echo impulse 
response, and calculating a SSNR a py ^m ii in rd number 
of times each time with a newly selected starting rfumwi 
and/or echo sample, and utilizing those SIRF ^ffWfnti 
corresponding to the modeled impulse response with the 
best SSNR. 
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